Abstract. In this paper, we present error-resilient Internet video transmission using path diversity and ratedistortion optimized reference picture selection. Under this scheme, the optimal packet dependency is determined adapting to network characteristics and video content, to achieve a better trade-off between coding efficiency and forming independent streams to increase error-resilience. The optimization is achieved within a rate-distortion framework, so that the expected end-to-end distortion is minimized under the given rate constraint. The expected distortion is calculated based on an accurate binary tree modeling with the effects of channel loss and error concealment taken into account. With the aid of active probing, packets are sent across multiple available paths according to a transmission policy which takes advantage of path diversity and seeks to minimize the loss rate. Experiments demonstrate that the proposed scheme provides significant diversity gain, as well as gains over video redundancy coding and the NACK mode of conventional reference picture selection.
Introduction
Internet video streaming today is plagued by variability in throughput, packet loss, and delay due to network congestion and the heterogeneous infrastructure. Recently, packet path diversity has been proposed to increase the robustness of multimedia communication over best-effort networks. Using multiple description (MD) coding, the source signal is coded into separate streams, e.g., even and odd video frames, and sent over multiple network paths. The source signal will be reconstructed in full quality if all description streams are received. If at least one description is received, the source signal can still be reconstructed, though possibly at a lower quality.
To maximize the benefits of diversity in media communication, multiple streams can be sent, in a distributed manner, over independent or largely uncorrelated network paths with diversified loss and delay characteristics [1] [2] [3] [4] [5] [6] [7] [8] [9] . In this way, the probability of a negative disturbance, such as packet loss, impacting all channels at the same time will be small. Path diversity also alleviates the problem that the default path determined by the routing algorithm is not optimum, which might often be the case according to [10] . Recently, path diversity is also used with optimized scheduling of packet transmission to achieve enhanced performance [11, 12] .
In order to maximize the benefits of path diversity we select transmission paths that exhibit largely uncorrelated jitter and loss characteristics. Sending streams along different routes from source to destination naturally leads to path diversity which could include streams traversing different ISPs or even streams being sent in different directions around the globe. With today's Internet protocols, the path a packet takes across the Internet is a function of its source and destination IP addresses as well as the entries of the routing tables involved. Selecting a specific path for a packet is largely unsupported in today's infrastructure. As discussed in [1] , IPv4 source routing is usually turned off within the Internet for security reasons. More promising is to implement path diversity by means of an overlay network that consists of relay nodes [1, 2, 13] , where packets are sent along different routes as being encapsulated into IP packets that have the addresses of different relay nodes as their destination. At the relay nodes, packets are forwarded to other relay nodes such that the packets from different description streams travel along as few common links as possible. In the context of peer-to-peer networking [4, 15] , every peer could serve as a relay node for media traffic, potentially leading to a number of different paths a stream could take from its source to its destination. Path diversity can also be achieved by content delivery networks (CDN) [16] [17] [18] . With the next-generation IP protocol IPv6, the source node has a larger amount of control over each packet's route. IPv6's loose source routing (LSR) allows packets to be sent via specified intermediate nodes. This source routing feature of IPv6 will provide more flexibility for future implementation of path diversity.
One of the previous approaches of multi-stream coding is video redundancy coding (VRC), where the video sequence is coded into independent threads (streams) in a round-robin fashion [19] . A Sync frame is encoded by all threads at regular intervals to start a new thread series and stop error propagation. If one thread is damaged due to packet loss, the remaining threads can still be used to predict the Sync frame. Another approach is the multiple state coding proposed in [1] , in which even and odd frames are coded into independent streams respectively and sent over two paths. With VRC or multiple state coding, independent streams are formed to provide high resilience against non-simultaneous channel errors, but with the penalty of lower coding efficiency due to the wider separation of the frames used for prediction.
A different scheme proposed in [20] uses reference picture selection (RPS) to terminate error propagation based on feedback. With RPS (proposed in Annex N of H.263+ [21] ), when the encoder detects that a previous frame is lost, instead of using the most recent frame as a reference, it can code the next P-frame based on an older frame that is known to be correctly received [22] . The multiframe prediction support in Annex N was later subsumed by the more advanced Annex U of H.263++ and is now an integral part of the new H.264 standard [23] . The scheme in [20] employs the RPS NACK-mode [22] by always choosing "the last frame that is believed to be transmitted reliably as the reference frame." When transmission channels are in good state, prediction is made using the most recent frame as a reference. Although the coding efficiency is higher than VRC, error-resilience is limited since the coded streams are not independent. Due to the feedback delay, the NACK might be too late to induce a reference selection to stop the error propagation in time. This scheme has not fully taken advantage of path diversity, and the performance largely depends on the feedback delay and channel loss rate. In our earlier work [24] , in the scenario of only one transmission path, we extend the RPS concept by allowing the use of a reference frame whose reception status is uncertain but whose reliability can be inferred, for live-encoding.
Most of the past work on path diversity has focused on increasing the communication robustness over error-prone networks. In this work we take advantage of path diversity not only to improve the quality of media communication by reducing the effective packet loss rate, but also to reduce the latency for applications with very stringent delay requirement. We use ratedistortion (R-D) optimized RPS (ORPS) and packet path diversity to increase the robustness of video transmission. Different from the schemes discussed above, the proposed scheme is network-adaptive. Within an R-D optimization framework, we are able to better trade off coding efficiency and forming independent streams to increase error-resilience. With the increased robustness against channel error, the need for packet retransmission is eliminated and the streaming latency can be reduced to less than one second. This paper is structured as follows: we first introduce the concept of packet dependency management and its implementation in Section 2. Then we describe network-adaptive packet dependency management over multiple paths in Section 3. In Section 4, we describe the selection of the network path for packet transmission. Experimental results are presented in Section 5.
Packet Dependency Management and Reference Picture Selection
In [25, 26] , long-term memory (LTM) prediction is used for both improved coding efficiency and Network-Adaptive Video Communication Using Packet Path Diversity 347 error resilience over wireless networks. Different macroblocks in a frame may be predicted from different reference frames, which makes it difficult to put an entire frame into an IP packet and manage the prediction dependency at the packet level during transmission. Throughout this work, we select the reference at the frame level and assume that each predictively coded frame is coded into one IP packet (the proposed scheme can also be extended to the case where a frame is coded into multiple packets). In this way we manage the frame prediction dependency at the packet level.
In a conventional encoding and transmission scheme without any awareness of network losses, an I-frame is typically followed by a series of P-frames, which are predicted from their immediate predecessors. This scheme is vulnerable to network errors since each Pframe depends on its predecessor and any packet loss will break the prediction chain and affect all subsequent P-frames. If each P-frame is predicted from the frame preceding the previous frame instead, the scheme is more robust against network errors due to the changed dependency and the higher certainty of the reference frame. Consider, for example, a fixed coding structure where each frame uses the reference that is v frames back for prediction, where v is used to denote the coding mode, or prediction mode. The n-th frame in the sequence thus depends on n v previous frames, where x represents the smallest integer number that is greater than or equal to x. An example for v = 3 is illustrated in Fig. 1 . Assuming each packet is lost independently with probability p, the probability that the n-th frame in the sequence will be affected by a previous loss is hence
This probability is plotted in Fig. 2 for p = 0.10, n = 10, and v = 1, 2, . . . 5, and INTRA coding (we use v = ∞ to denote INTRA coding). As illustrated in Fig. 2 , using frames from the longterm memory with v>1 for prediction, instead of using A coding structure where each frame uses the third previous frame as a reference (v = 3). Each frame is correctly received at the decoder with probability 1-p. Frame 5 in the sequence depends on 5 3 = 2 previous frames, and the probability it will be affected by a previous loss is p e = 1 − (1 − p) 2 . an immediately previous frame (v = 1), reduces prediction efficiency and increases error resilience. The robustness is normally obtained at the expense of a higher bitrate since the correlation between two frames becomes weaker in general as they are more widely separated. A special and extreme case is the I-frame, which is the most robust over lossy networks, but generally requires 5-10 times as many bits as the P-frame.
In Fig. 2 , we also show the average rates of encoding the Foreman sequence at close PSNRs using different coding modes v, including INTRA coding. Fixed reference selection schemes provide different amount of error resilience at different coding costs, as is shown in Fig. 2 . In this work, we consider the dependency across packets and dynamically manage this dependency while adapting to the varying network conditions. Due to the trade-off between error resilience and coding efficiency, we apply Optimized Reference Picture Selection (ORPS) within an R-D optimization framework, by considering video content, network loss probability and channel feedback (e.g., ACK, NACK, or time-out). The proposed scheme is compatible with the new ITU-T standard H.264 [23] .
Network-Adaptive Packet Dependency Management over Multiple Paths
Assuming the typical scenario where an IP packet contains one video frame, packet dependency can be managed through the selection of the reference frame (or the use of INTRA coding) for the next frame to encode. We minimize the distortion of the frame to encode by determining the optimal prediction dependency as well as the path to send the frame. Under this greedy algorithm, path selection and reference selection can be performed sequentially. We discuss reference selection in this section and path selection in Section 4.
Rate-Distortion Optimized Reference Picture Selection
Due to the trade-off between error-resilience and coding efficiency, we select the reference picture within an R-D optimization framework. While coding a Frame n, assuming V previously decoded frames are available from the long-term memory (V is referred to as the length of LTM), we use v(n) to represent the reference frame that Frame n may use and v(n) indicates the prediction dependency. For example v(n)=1 denotes using the previous frame and v(n)=2 denotes using the frame preceding that frame, and so on. For a particular v(n)=v, a rate R v is obtained from encoding and the expected distortion of all decoded outcomes D v is obtained from a binary tree modeling to be described next. With the obtained R v and D v , the Lagrangian cost corresponding to using the reference frame v(n)=v is
where λ is a Lagrange multiplier. We use λ = 5e 0.1Q ( 5+Q 34−Q ), which is the same as λ mode in H.264 TML 8 used to select the optimal prediction mode [27] . Q is the quantization parameter set to trade off rate and distortion.
In the case of a single path transmission as described in our previous work [24] , to encode a frame n, several trials are made, including using the I-frame as well as INTER coded frames using different reference frames taken from the long-term memory, e.g., v(n) = 1, 2, 3, . . . V and ∞ (to denote INTRA coding). The optimal reference frame v opt (n) is selected such that the minimal R-D cost J v is achieved.
In the case of multiple paths, we have to consider not only the R-D cost, but also the formation of independent streams to increase error-resilience. Denoting the path Frame n is sent over by C(n) (determined by the scheme described in Section 4), trials are made using v(n) ∈ V, where the set of candidate references is further restricted by In (3) v = 1 is the most thrifty in bitrate usage and v = ∞ provides the highest robustness; while for all other coding modes we impose the restriction that only frames sent over the same channel as C(n) will be considered as candidate references, which keeps the frame to code independent of other streams. In the two-path example in Fig. 3 , where the LTM size V=5, if Frame n is to be sent over Path 1, V = {1, 2, 3, 5, ∞}; otherwise, V = {1, 4, ∞}.
The optimal reference frame v opt (n) for encoding Frame n is the one that results in minimal
The optimal selection is determined within an R-D optimization framework, considering video content, network loss probability and channel feedback (e.g., ACK, NACK, or time-out). For example, if Frame n − 1 is estimated to be very reliable, or, in case of loss, if it can still be concealed very well due to the low motion in the video content, it is more likely v(n) = 1 will be used to save bits, even if the independence between streams may be broken. Compared to VRC [19] and multiple state encoding [1] , the proposed scheme is more R-D efficient since the reference selection is adaptive and v = 1 is allowed. Compared to the RPS-NACK scheme proposed in [20] , our proposed scheme is able to take more advantage of path diversity by maintaining independent threads when higher error-resilience is desired.
In (2), the expected distortion D v is estimated using a binary tree modeling that describes the prediction dependency between frames, as illustrated in Fig. 4 . A node in the tree represents a possible decoded outcome (frame) at the decoder. In the example shown in Fig. 4 , Frame n − 3 has only one node with probability 1 (e.g., due to the reception status confirmed by feedback). Frames n − 2 and n − 1 both, for instance, use their immediately preceding frames as references. Two branches leave the node of Frame n − 3 representing Figure 4 . The binary tree structure for the estimate of error propagation and optimal reference selection. v = 1 represents using frame n − 1 as the reference for prediction. v = 2 represents using frame n − 2 as the reference for prediction.
the following two cases: either reference Frame n − 3 is properly received (and decoded) with probability 1 − p (n−3) B or lost with probability p
B is the loss probability of a corresponding node of frame i, which is estimated using the network loss model discussed in the next subsection. These two cases lead to two different decoded outcomes of Frame n − 2, provided that Frame n − 2 is available at the decoder. The upper node of Frame n − 2 is obtained by normal decoding process using the correct reference (decoded n − 3); and the lower node corresponds to the case when Frame n − 3 is lost. In the latter case, a simple concealment is done by copying n − 4 to n − 3, and Frame n − 2 hence has to be decoded using the concealed reference. This leads to the mismatch error that might propagate at the decoder, depending on the prediction dependency of the following frames. The distortion associated with these two cases is evaluated by decoding n − 2 at the encoder side.
In encoding Frame n, the expected distortion of all decoded outcomes for a particular trial v is
where L(n) is the number of nodes for Frame n, and p vl is the probability of outcome (node) l, which can be calculated from the model in Fig. 4 . For example,
and so on. The P B 's for different frames may be obtained from the characteristics of different transmission paths. D vl is the distortion associated with the decoded outcome l. Note that D vl includes both the quantization error and possible decoding mismatch error, which is calculated accurately at the encoder. The complexity of the formulization (e.g. the size of the binary tree in Fig. 4 ) depends on the length of the LTM and the channel feedback delay [24] .
The Network Loss Model
We use the two-state Gilbert model to approximate the bursty behavior of each channel. (5) where
is the most recent frame that was sent over the same path as i, the loss probability of Frame i is
The loss probability obtained from (6) is used in the tree model in Fig. 4 .
Path Selection
Packets are sent across multiple available paths according to a transmission policy which takes advantage of path diversity and seeks to minimize the loss rate. This policy adapts to the network conditions by analyzing both the passive feedback originating from media data packet transmission and the active feedback created by probe packets sent over idle channels at a reasonable R-D cost [28] .
Transmission policy
In order to fully benefit from path diversity, the transmission policy should distribute packets optimally across all available paths, in order to minimize the packet loss rate. Transmission should be scheduled according to the state of each channel. In this way, channels with comparable statistics should hold the same rate of packet transmitted, and priority should be given to channels with better condition. In our test model, we assume a simplified scenario in which all the transmission channels follow a Markov chain and the delay over each path is equal and constant. Therefore, the better channel is the one from which the most recent ACK has been received. Thus, the optimal transmission policy, in this simplified case, is to send the next packet over the better path, i.e. the one from which the latest ACK is generated. In this way, if all the channels are in good state, packets are sent alternately across the different paths. When a channel is not used or experiences burst losses it is possible that no packet will ever be sent over that path due to channel inactivity and the absence of ACKs. To avoid keeping using only one particular channel, we send probe packets over idle channels to induce "active" feedback. This guarantees a minimal flow of information indicating the state of each channel periodically.
In the extreme case when all the paths fail at the same time, we simply send packets in a round robin fashion to detect the next state transition.
The proposed path selection scheme is different from what is used in [20] , where packets are always delivered over the paths alternately. Our proposed scheme prohibits the use of a bad channel that experiences burst losses when other channels are good, which decreases the overall packet loss probability. The gain is even higher for unbalanced channels, e.g., channels with different loss probabilities. Packets are distributed properly according to the ACKs received from respective channels with different characteristics. However, the efficiency of this feedback-based path selection depends on the feedback delay.
Influence of the probe
Probe packets are transmitted to induce additional feedback and test the state of the channels, so that the optimized transmission policy can be determined. For the probe, we suggest using an RTP header encapsulated in a UDP-IP header. The routing along different paths is specified in the IP header in the same way as for media data packets. RTP provides packet identification as well as time stamps needed to determine the transmission policy. The minimal size of such a probe is 40 bytes for IPv4. Although it does not compare to the size of a media data packet (ranging from a few hundred to a few thousand bytes for video), the rate associated with probes should be included in the total data rate budget, especially when transmission over a large number of paths is considered.
As the rate of probe packets increases, path selection plays a more active and important role, as the scheme is more responsive to the variation of the network condition. This contributes to reducing the packet loss rate as well as the distortion of the decoded video. In this way, the cost in terms of data rate is traded for an enhanced quality. The influence of the probe can be analyzed in terms of rate and distortion to determine the optimal transmission rate. Figure 5 shows the influence on the video quality when probes are transmitted at a period I (in ms). We simulate sending the first 150 frames of the Foreman sequence, encoded at a fixed quantization parameter using the H.264 codec. Here, we limit the reference picture selection to the two previous frames in order to focus on the study of probes. As illustrated in Fig. 5 , the PSNR of the decoded video is observed to decrease linearly with the probing period I. Fig. 6 shows the influence of I on the total data rate using the same policy in which both media packets and probe packets are counted. The rate of the probes decreases inversely with the probing period, and is less than 4 Kbps when I ≥ 120ms.
An optimal probing period should minimize the Lagrangian cost J = D + λR similar to (2), except that both probe packets and media data packets are counted in estimating the data rate. In later simulations we use I=120 ms, which is close to optimal across the bitrates for our set of experiments. Figure 7 shows an example of transmitting video over two paths according to the transmission policy. The sequence is streamed at 30 fps and the feedback delay is fixed at 180 ms. During the first half second (up to Frame 17), packets are alternately sent across both channels which are initially in a good state. Due to the feedback delay, Packets 11, 13 and 15 are lost over Channel 1. When these losses are detected, all the packets are directed to Channel 2 and probes are transmitted periodically over the first channel to obtain the state information. As the second probe is acknowledged, alternating transmission resumes over both channels.
Simulation Results
We compare the performance of four schemes in transmitting video over two network paths: (1) the proposed ORPS scheme with path diversity; (2) RPS-NACK scheme in [20] ; (3) VRC in 2-13 mode [19] , where two threads are used and a Sync frame is coded for every 13 frames; (4) the ORPS scheme using only one transmission path [24] .
We have implemented the four schemes by modifying the H.264 TML 8.5. The testing video sequences are Foreman and Mother-Daughter, representing high and moderate motion, respectively. 230 frames are coded, and the frame rate is 30 fps. Coded frames are dropped according to Gilbert model-simulated network conditions with a range of loss probabilities. It is assumed that the averaged long-term network characteristics are updated accurately at the sender side, and the instantaneous feedback reaches the sender after a certain delay. The PSNR of the decoded sequences is averaged over 30 random network loss patterns. The first 30 frames of a sequence are not included in the statistics to exclude the influence of the transient period. Figure 8 shows the R-D performance of sending the Foreman sequence over the network with an average loss rate of 15%, and an average burst loss length of 8 frames. Here the losses include packets dropped over the network, as well as late packets that have missed the delivery deadline and cannot be used. Feedback delay is 8 frames, and the length of LTM is V = 12. The distortion at different rates is obtained by varying the Q value and hence the Lagrange multiplier λ. Comparing Schemes 1 and 2, a gain of 1.2 dB is observed at 200 Kbps and 1.5 dB at 300 Kbps by using the proposed scheme, which corresponds to a bit rate saving of 35% at 33 dB. The gain is typically higher at higher rates since at lower rates LTM prediction with v>1 is less efficient and the advantage of ORPS decreases. Note that although no retransmission is used, the video quality is still good over the lossy network. The gain of diversity is also significant by comparing Schemes 1 and 4, when ORPS is applied in both scenarios. Figure 9 shows the R-D performance of MotherDaughter under the same experimental conditions. A gain of 0.4 dB is observed at 200 Kbps and 1.0 dB at 300 Kbps. The gain of the proposed scheme is lower compared to Foreman since the effect of packet loss is smaller due to lower motion in the sequence. Performance over unbalanced channels of 10% and 20% loss respectively, with average burst loss lengths of 8, is shown in Fig. 10 . The gain of Scheme 1 over 2 is even higher than that in the case of balanced channels of 15% loss, which is due to the adaptive reference picture selection and path selection used in the proposed scheme.
Conclusions
We propose an adaptive video transmission scheme using path diversity and rate-distortion optimized reference picture selection, to achieve an improved trade-off between coding efficiency and error-resilience. With the aid of active probing, packets are sent across multiple available paths according to a transmission policy which takes advantage of path diversity and seeks to minimize the loss rate. Experiments demonstrate that the proposed scheme provides significant diversity gain of typical 1 dB in PSNR compared to one-path transmission, when advanced optimized reference picture selection is employed in both scenarios. When compared with video redundancy coding and the NACK mode of conventional reference picture selection, the gain provided by the proposed scheme typically ranges from 0.4 to 1.5 dB. 
